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CROSS-REFERENCE TO RELATED APPLICATIONS 
[0001] This application is a continuation of application no. 10/036,858, 
filed December 21, 2001, pending, which is a continuation of application no. 
09/366,031, filed August 2, 1999, now U.S. Patent No. 6,370,137, which is a 
continuation of application no. 08/896,165, filed July 17, 1997, now U.S. 
Patent No. 5,949,763, the entirety of which is hereby incorporated by 
reference herein. 

BACKGROUND OF THE INVENTION 

[0002] The present invention relates to broadband conferencing services. 
More particularly, the present invention relates to a method and apparatus for 
providing voice and data services by coordinating standard telephone network 
and packet data network resources. 

[0003] A majority of telephone service subscribers use analog Plain Old 
Telephone Services (POTS) when placing ordinary voice telephone calls. 
POTS is often delivered over a subscriber loop of copper wires installed 
between each subscriber and a local telephone company (telco) central 
office. The telco central office contains circuit switches that interconnect 
subscribers and establish call connections. Typically, a circuit connection is 
established for each telephone call and this connection is maintained for the 
duration of a call. 

[0004] The increased use of computers in businesses and homes has lead 
to an increased load on standard telephone networks. Also, video telephone 
conferencing is becoming a more popular and utilized tool. Data and video 
often require large amounts of bandwidth that are not readily available over a 
standard telephone line. Subscribers wishing to hold a conversation with 
someone while simultaneously transmitting an associated video signal or 
other types of data are typically limited to using separate subscriber loops or 
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a specialized software package that encodes the data on top of the voice 
information. 

[0005] The use of separate subscriber loops is disadvantageous due to 
the expense of installing the extra subscriber loop wiring and switching 
capabilities in the network. Further, a subscriber would need to maintain 
records of the telephone number for the voice connection and the telephone 
number of the data connection. Each number would be dialed separately 
when a connection was desired. 

[0006] A method of communicating both voice and data information over a 
single subscriber loop is described in U.S. Patent No. 5,184,345. The 
disclosed method implements integrated services digital network (ISDN) 
facilities to carry both data and voice information over a circuit switched 
telephone network. Although the method used in U.S. Patent No. 5,184,345 
permits data and voice information over a single subscriber loop, the method 
is designed for end-to-end calls between the caller and called party only and 
does not support simultaneous voice and data to multiple parties. The 
disclosed ISDN embodiment requires that both the caller and called party 
have ISDN facilities. In addition, the voice and data communication paths are 
both established through dedicated circuits in the circuit switched telephone 
network and may impose a high demand on network resources. 
[0007] Accordingly, there is a need for an improved system and method of 
communicating both voice and data information over a single subscriber loop, 
providing flexible and efficient use of existing infrastructure, reducing the load 
on circuit switched telephone network resources, and permitting multiple 
parties to participate in the same voice and data communication. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0008] FIG. 1 is a block diagram of a telephone network system. 
[0009] FIG. 2 is a diagram of the central office of the telephone network 
system of FIG. 1. 

[0010] FIG. 3 is a diagram of a subscriber location in the telephone 
network system of FIG. 1 . 
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[0011] FIG. 4 is a diagram of the tandem location of the telephone network 
of FIG. 1. 

[0012] FIG. 5 is a block diagram of the interworking unit of FIG. 4. 
[0013] FIG. 6 is a flow diagram illustrating a method of implementing 
broadband access conferencing services using the telephone network system 
of FIG. 1. 

[0014] FIG. 7 is a flow diagram illustrating a method of establishing a 
broadband conference call for multiple parties using the method of FIG. 6 and 
the telephone network system of FIG. 1 . 

DETAILED DESCRIPTION OF PRESENTLY PREFERRED 
EMBODIMENTS 

[0015] FIG. 1 shows a diagram of a telephone network. Telephone 
subscribers 10 are typically serviced by analog telephone lines carried to the 
central office 20 by a subscriber loop 12 including twisted pairs of copper 
wires. Groups of subscribers 14 may also be connected by subscriber loops 
to a remote terminal 16 which combines a number of subscribers onto a 
digital multiplexed data line 18 for transmission to the central office 20. One 
suitable digital multiplexed data line may be a 24-channel multiplexed T1 line. 
[0016] Typically, a number of central offices 20 are connected by direct 
trunk circuits 22 or through tandem locations 30. The tandem locations 30 
provide trunk circuits 22 to connect two central offices or other tandem 
locations 30. The tandem locations 30 can thus provide connections between 
central offices that do not have direct interconnecting trunks. It is to be 
understood that the telephone switching network may have multiple levels of 
tandem switching or other network topologies. 

[0017] The central office 20, more commonly known as a service switching 
point (SSP), is a programmable switch having the ability to recognize 
advanced intelligent network (AIN) triggers for calls requiring special services. 
The central office 20 communicates with a service control point (SCP) 80. 
The SCP 80 is a network element containing logic and data necessary to 
provide the functionality required for the execution of a desired 
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communications service. For example, the SCP 80 can contain call control 
service software that blocks certain numbers predetermined to be restricted to 
callers calling from a particular location. In this example, the call control 
service function would compare a dialed number with a list of restricted 
numbers to see if the call is permissible. An SCP 80 generally permits 
separation of service logic from switching functionality so that additional 
services may be developed without the need to alter the equipment or logic 
used in each individual central office 20. The SCP 80 preferably includes a 
customer premise equipment (CPE) database 81 and a data address 
database 83 that can cross reference the telephone number of a party 
originating a call and receiving a call with the type of CPE and data address 
of each party. A suitable SCP 80 is the AXE SCP manufactured by Ericsson 
Inc. The SCP 80 is preferably in communication with a central office 20 via a 
signal transfer point (STP) 82 and one or more switches such as a tandem 
switch 30. The STP 82 routes signals between different network elements. A 
suitable data signaling standard for use in a preferred embodiment of the 
present invention is the American National Standards Institute (ANSI) 
Signaling System No. 7 (SS7). 

[0018] The SCP 80 may communicate with an intelligent peripheral 84 
over a data path. The data path leads from the SCP 80 to the STP 82 over a 
data line utilizing SS7 standard protocol. The STP 82 then communicates 
with the central office 20 over another leg in the data path using the SS7 
protocol. The central office 20 reformats the message from the SCP 80 from 
SS7 into an Integrated Services Digital Network (ISDN) standard message 
which is then forwarded over the final leg of the data path to the intelligent 
peripheral 84. The intelligent peripheral 84 may return messages along the 
same data path. 

[0019] The intelligent peripheral 84 is an AIN network element that 
contains resources to exchange information with a telephone subscriber 10 
and perform other functions such as call origination and tone generation. The 
intelligent peripheral 84 provides special resources for interactions between 
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the telephone subscriber 10 and the network such as DTMF recognition, 
playing announcements and tone generation. In a preferred embodiment, an 
application using the database 85 in the intelligent peripheral 84 may be 
programmed with the necessary functionality to manage concurrent data and 
voice communications between multiple parties under the direction of the 
SCP 80. A services node/intelligent peripheral (SN/IP) platform is 
manufactured by Comverse Technology, Inc. that is suitable for use with a 
presently preferred system and method. A voice/information channel may 
also link the intelligent peripheral to a central office 20. Although the 
telephone network illustrated in FIG. 1 shows one network configuration, 
those of ordinary skill in the art will understand that the presently preferred 
method may be performed on more complex networks having a plurality of 
interconnected SCP's and intelligent peripheral's. 

[0020] FIG. 2 shows a block diagram of the central office 20 of FIG. 1 . 
The central office 20 preferably includes equipment to handle analog 
telephone lines such as conventional POTS. Conventional POTS is typically 
handled by a local telephone switching device 23. Suitable local telephone 
switching devices are Northern Telecom DMS-100 or ATT No. 5 ESS 
switches. Alternatively, an analog telephone line may also be provided by a 
Centrex type service or private branch exchange (PBX). As known to those 
skilled in the art, an analog telephone service may also be provided by a 
digital carrier system such as a T1 carrier or other type of concentrator. 
[0021] In addition to providing POTS service, the central office may also 
be configured to provide a digital data line. For example, a digital data line 
may be implemented by a digital subscriber line access multiplexer (DSLAM) 

24 to multiplex traffic from digital subscriber loops. Digital subscriber loops or 
digital carrier systems provided by a remote terminal 16 or an office terminal 

25 provide digital data lines which enable subscribers 10 to transmit large 
amounts of digital multiplex data traffic over the POTS twisted pair telephone 
line. Preferably, the digital subscriber loop is an asymmetric digital subscriber 
line (ADSL). ADSL typically implements a digital subscriber line with a 
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maximum data rate from the central office 20 to the subscriber 10 which is 
higher than the maximum available data rate from the subscriber 10 to the 
central office 20. For example, ADSL typically provides an asymmetric data 
rate of 1 .5 megabytes-per-second (mbs) to the subscriber from the central 
office and about 400 kilabytes-per-second (kbs) from the subscriber location 
to the central office. Most preferably, ADSL implements an asynchronous 
transfer mode (ATM) data transmission protocol between the subscriber 10 
and the central office 20. It will be recognized that other types of data 
transmission protocols, such as ISDN and Radish, may be utilized. Although 
these other protocols can be used to implement the present invention, the 
present invention is not dependent on any one protocol. In alternate 
embodiments, the digital data line may be provided by other types of digital 
carrier systems such as a Sonet based digital system. 
[0022] Referring to FIG. 2, the subscriber loops pairs 12 carrying both 
analog voice and digital data traffic from subscribers 10 to the central office 
20 terminate at a main distribution frame (MDF) 26. From the MDF 26, the 
subscriber loops 12 are connected to a means for separating POTS voice 32 
frequencies from digital data traffic 34 such as a splitter 28. Preferably, the 
splitter 28 is implemented by the DSLAM 24. The internal operation of the 
splitter 28 is described in more detail below in connection with a splitter at the 
subscriber 10. The splitter 28 preferably has an output for POTS signals and 
another output for data traffic. From the splitter 28, the separated POTS 
voice signals 32 are connected back to the MDF 26 and onto the local 
switching device 23 handling POTS telephone calls. The data traffic output of 
the splitter 28 is directed to the DSLAM 24 to multiplex the digital data into a 
format suitable for transport on a data network 40. Depending on the data 
network 40, the DSLAM 24 may operate at higher bit rates such as those 
appropriate for Sonet OC-12. The data network 40 may be configured in 
different topologies and is preferably connected to a tandem location 30 to 
allow access to other central offices. 
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[0023] In the case of subscriber loops that are connected to the central 
office through a digital loop carrier system (i.e. a remote terminal 16 and an 
office terminal 25), the DSLAM 24 and its splitter 28 are preferably placed at 
the remote terminal 16. The data and voice signals are separated with a 
splitter 28 as described above. The voice signals are carried on digital loop 
carrier system to the office terminal 25 where they are connected through the 
MDF 26 to the local circuit switch 23. Preferably, the data signals are carried 
on a separate optical fiber or Sonet frame in the carrier system so that they 
can easily be separated from the voice signals in the office terminal 25. 
These signals are transmitted from the office terminal to the data network 40. 
[0024] FIG. 3 shows a diagram of a telephone subscriber location 10 such 
as a typical home or small office. A network interface device (NID) 41 
connects the subscriber to the public switched telephone network (PSTN). 
The subscriber loop 12 between the subscriber 10 and the central office 20 is 
terminated at the NID 41 . Customer premise equipment (CPE) 52, such as a 
standard telephone set, a key system, PBX, or a computer network to access 
the PSTN is connected at the NID 41 . Voice signals from an analog 
telephone line 53 and data signals from a digital data line 55 are typically 
carried to the subscriber 10 on the same subscriber loop 12. 
[0025] In the preferred embodiment of the invention, the NID 41 includes a 
means for separating voice frequency signals from data signals. Preferably, a 
splitter 44 separates voice frequency signals from the data traffic sharing the 
subscriber loop 12 wire pair. For example, to separate POTS from data 
traffic, the splitter 44 typically includes a high-pass filter 46 and a low-pass 
filter 48. To separate POTS voice signals, the low-pass filter 48 blocks high 
frequency signals, for example signals above 5 KHz, passing only lower voice 
frequency signals on a conventional CPE POTS loop 50. The voice signals 
on the CPE POTS loop 50 are connected to standard telephones 52 such as 
a Bell 103 set providing conventional POTS service. It should be noted that a 
conventional computer modem 54 can also utilize the conventional CPE 
POTS loop 50. 
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[0026] To recover data traffic, the high-pass filter 42 blocks low frequency 
signals, for example signals below 5 KHz, leaving only high frequency data 
traffic signals to be sent out on a separate CPE data network loop 56. The 
CPE data network loop 56 is connected to CPE equipped to access data 
traffic, for example, a network of personal computers. In one embodiment, 
the CPE data network 56 implements an asynchronous transfer mode 
network (ATM). Each of the personal computers 58 is equipped with an ATM 
network interface card (NIC) to allow the computer to access the CPE data 
network 56. The NIC 41 preferably also includes data segmentation and 
reassembly (SAR) capability to packetize data for transmission on the data 
network 56. Of course, other types of computer networks, such as an 
Ethernet network, may also be implemented. 

[0027] Preferably, the CPE data network 56 is also equipped with one or 
more digital telephones 60 capable of interfacing the data network 56 to allow 
a subscriber to place a voice telephone call over the CPE data network 56. 
For example, a digital telephone 60 may be implemented with one of the 
personal computers 58 on the data network 56 by adding a telephone 
handset and an appropriate NIC with telephony functions. The telephone 
handset transmits and receives analog voice signals similar to a conventional 
handset. The computer/NIC provides SAR capability for converting analog 
voice to a digital packet stream for transmission over the CPE data network 
56. The data network 56 also carries the basic telephony signaling functions. 
One such system capable of providing such a digital telephone is an ATM 
network based telephone system from Sphere Communications in Lake Bluff, 
Illinois. 

[0028] Using the CPE data network 56, the subscriber 10 can place a 
voice call using a telephone line derived from the digital data line. POTS 
service operates as a usual over the POTS wiring 50 to provide regular 
telephone service such as a telephone line carrying analog voice signals. In 
addition, the data network 56 with digital telephone 60 also has the capability 
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to place voice telephone calls using one or more derived voice lines 
implemented through the data network. 

[0029] FIG. 4 shows a block diagram of a tandem location which contains 
a tandem voice switch (not shown), a Class 5 local switch 70 and a means for 
providing access to digital data networks. The Class 5 local switch 70 
typically connects local subscriber loops to the telephone network, while a 
separate tandem voice switch (not shown) provides conventional circuit- 
switched connections for directing POTS traffic between central offices 20 
(FIG. 1) of the PSTN. Class 5 local switches such as the AT&T 5 ESS and 
the Nortel DMS 100, and tandem voice switches such as the AT&T 4ESS and 
the Nortel-DMS 250 are known to those skilled in the art. In comparison, the 
means for providing data access to data networks is preferably a packet 
switch handling digital data traffic. For example, a data access tandem 
switch 72 provides access to data networks carrying digital data traffic. 
Preferably, the data networks 40 are equipped to accept ATM packet- 
switched connections. Although the internet is a preferred packet data 
network, other data networks 40 supporting packet data formats, such as 
intranets or corporate local area networks, may be used. The data access 
tandem switch 72 is an ATM fabric switch configured to provide virtual 
connections on demand between end users and providers of data networks 
and services. The data access tandem switch 72 may connect end users to 
various network service providers (NSPs) such as UUNet, MCI, Sprintnet, and 
AADS. 

[0030] The tandem location 30 may also include a means to interface the 
data access tandem 72 and the Class 5 switch. For example, an interworking 
unit (IWU) 74 may implement an interface between the data access tandem 
switch 72 and the Class 5 switch 70 of the PSTN. The IWU 74 enables voice 
telephone calls carried by the data network 40 to access the PSTN through 
the Class 5 switch 70. The IWU 74 is capable of converting a voice 
telephone call in the data network protocol from the data access tandem 
switch 72 into the circuit-switch protocol of the Class 5 switch 70. Preferably, 
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the IWU 74 interfaces an ATM packet data stream to a multiplexed 
circuit-switch protocol with dynamic allocation of voice channels such as TR- 
303. 

[0031] For example, as seen in FIG. 5, the IWU 74 performs the SAR 76 
of voice data from an ATM stream into an analog voice signal. The analog 
voice signal is then converted 78 into the TR-303 protocol, as known to those 
skilled in the art. More preferably, the IWU 74 converts the packetized ATM 
voice streams to a digital PCM format which is then converted to the desired 
TR-303 protocol. It should be noted that the local switch 70 may also be 
directly connected to a data access tandem 72 without the IWU interface 74. 
Newer generation digital switches may be capable of directly interfacing with 
the data transfer protocol of the data access tandem 72. For example, new 
generation circuit-switches may directly accept an ATM data stream for 
switching into the PSTN without the need for an IWU. 
[0032] Utilizing the above-described system, a method of implementing 
broad band access conferencing services may be accomplished as described 
below and shown in FIG. 6 A caller makes telephone call in order to reach 
another party, such as a business (at step 86). At the switch, the calling 
party's call creates an AIN trigger that alerts the SCP of the call (at step 88). 
The SCP makes a data base query to determine the properties of the calling 
parties CPE and the called party's CPE (at step 90). If the CPEs for caller 
and called party are similarly configured, for example both CPEs are capable 
of supporting ADSL broadband protocol, the addresses of the data interfaces 
at the caller CPE and called CPE are identified (at step 92). The data 
addresses may be Internet Protocol (IP) addresses of the data CPE at both 
locations. The system then automatically uses the data addresses of the two 
sides to set up a virtual data channel between the caller and the called party 
(at step 94) over a packet data network. 

[0033] Preferably, the SCP looks up the IP addresses of the parties in a 
database and sends the appropriate address or addresses to the data CPE of 
each party at the beginning of the voice call. The database may be a local 
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database 83 in the SCP or the database may be remotely located and 
accessible by the SCP. Each CPE would then store the received IP address 
until needed. Another preferred method of providing the IP addresses is for 
the SCP to periodically transmit the addresses to each party after the voice 
call is connected. Because the data connection is established after the voice 
conversation begins in this embodiment, the IP connections are not yet 
running in the CPE of the different parties to the communication at the 
beginning of a call. The SCP preferably places the IP addresses for all the 
parties into a memory buffer in the network such as within the SCP. 
Preferably, the applications running at each of the CPEs are preprogrammed 
to know where to find the memory buffer containing the IP addresses. A 
service provider supplying the telephone network capability allowing parallel 
circuit switched voice calling and packet data communications over a virtual 
data channel preferably utilizes a standard protocol compatible with 
application software running at the CPEs. 

[0034] A CPE does not always need to look to a specific memory buffer in 
a network element, such as an SCP, to find IP addresses for other parties. 
Standard caller ID information associated with circuit switched voice 
telephone calls is usable by the CPE for each party to index a standard 
database containing IP addresses. An example of this is set forth below 
where the caller is an individual seeking consumer/repair information and the 
called party is a company customer service center. In this example, the caller 
can initiate a software application at the caller's CPE that would retrieve the 
IP address associated with the service center, in a data sharing session with 
an application running at the computer work station of a service 
representative with whom the caller is speaking over the circuit switched 
connection. The service representative's application may use the calling 
party's caller ID to index the IP address at the application supporting the 
network side of the service center's ADSL access line. 
[0035] Referring again to FIG. 6, after providing the IP addresses to the 
parties and establishing the virtual data channel, data is transmitted between 
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the caller and the called party over the virtual data channel created on a 
packetized data network 40 (at step 96). Upon termination of the voice call 
over the circuit switched network, the virtual data channel is terminated (at 
step 98). The switch connected to the calling party or the called party informs 
the SCP managing the call that the calling or called party has hung up in one 
preferred embodiment. The SCP then notifies the applications running in the 
CPE of the caller and called parties over the data channel that the call has 
been terminated. The applications then know to cease communicating. 
[0036] The data transmission that takes place over the established virtual 
data channel on the packet data network may be in the form of real-time 
video so that the standard telephone call initially made by the caller results in 
a video telephone conversation. In this embodiment, both the caller and the 
called party would utilize video cameras connected to the personal computer 
58 at their respective subscriber locations. Other types of video equipment 
and digital interface equipment capable of communication over a digital data 
line may be used. Alternatively, a simple one way transmission of data from 
one party to the other may be accomplished in parallel with a voice 
conversation. This data, such as a digitized photograph or a text file, can be 
manually sent between the parties at any time during the voice conversation. 
[0037] In another embodiment, an interactive software application may be 
launched over the virtual data channel on the packet data network and shared 
between the two or more ends of the virtual data channel. One example of a 
software application is an internet web page for a company customer service 
center. In this example, a person calling to find out about a company's 
product dials a standard telephone number and, as set forth above, would 
establish a circuit switched voice connection and a virtual data channel. The 
IP addresses of both parties are passed to applications supporting the 
network side of the access lines and applications running in the CPE are able 
to retrieve the addresses to establish the virtual connection. 
[0038] An advantage of the present system and method over systems 
requiring ISDN to transmit voice and data is that the present system and 



-12- 



method does not require all parties in the network to possess special 
equipment. Unlike ISDN calls, which do not use packet data type protocols, 
the present method permits efficient use of packet data networks such as 
ADSL to synchronize voice and data transmission by simply dialing a 
standard telephone number. Using the packet data network in conjunction 
with the POTS network also enables multiple parties to conference in on both 
the voice and data communications. Multi-party conferencing is attained 
using ordinary voice call conferencing techniques in conjunction with the 
processes of distributing IP addresses described above. 
[0039] One preferred embodiment of a method for establishing a voice 
and data conference call is shown in FIG. 7. Party A, desiring to set up a 
voice and data conference call with parties B and C, initiates the conference 
call by first dialing party B (at step 100). The SCP distributes IP addresses 
for the two parties as set forth above (at step 102). Party A next initiates a 
call to party C using standard voice conference call services and adds party C 
to the call (at step 104). The application in the SCP identifies that party C is 
properly equipped for a data connection and distributes party C's data 
address to both A and B (at step 106). The SCP also provides party C with 
the IP addresses for A and B. An application in A or B would then use the 
receipt of C's IP address as a trigger to send a copy of the screen (data) 
being shared by A and B to C's display (at step 108). Once the circuit 
switched voice channels and virtual data channels between the parties have 
been established, a three way voice and data conference call may 
commence. Additional parties may be added to this broadband conference 
call by any of the current parties to the call using the method described 
above. 

[0040] The preferred method and apparatus for enabling broadband 
conferencing using a combination of circuit switched voice calls and 
associated packet data network data channels provides flexibility in adapting 
existing infrastructure to accommodate enhanced capabilities. Rather than 
having to create an entirely new communications application, such as a multi- 
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media conferencing exclusively communicated over the internet, some of the 
functionality already existing on an analog telephone network having AIN 
capability may be used. Thus, broadband access conferencing services can 
be introduced without the need for every subscriber of network provider to 
have special equipment. Subscribers can choose to delay upgrading their 
CPEs until they are ready and still participate in the voice portion of 
communications between one or several other subscribers having CPEs 
upgraded for voice and data communication. 

[0041] As has been described above, by using emerging broadband 
access technology such as ADSL a conferencing service can be created that 
supplements an ordinary telephone call by automatically providing a second, 
virtual communication path between two or more parties. The preferred 
method can support a video conferencing service wherein the voice 
communication is carried on over a traditional telephone network and the 
video associated with the voice is transmitted over the internet. Other 
applications of the present method and system are a screen sharing service 
wherein a company and a caller are simultaneously looking at a page in a 
catalog while discussing the page over the telephone call. Additionally, an 
interactive voice response service may be initiated with the present system 
and method wherein a caller can use an ordinary telephone line to interact 
with a series of prompts and choices resulting in changes on the video 
screen. For instance, different web pages may be sent to the caller's 
computer or a multipoint game with voice conferencing may be implemented. 
The present system and method also has the advantage of allowing 
telephone companies to leverage the functionality of an embedded base of 
systems, for example AIN, to more quickly and inexpensively offer new and 
enhanced services using new technologies such as ADSL. 
[0042] It is intended that the foregoing detailed description be regarded as 
illustrative rather than limiting, and that it be understood that the following 
claims, including all equivalents, are intended to define the scope of this 
invention. 
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